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ABSTRACT
Multi-zone sound field reproduction is a method that can
create personal audio zones to individual listeners within
an enclosed environment. The accuracy requirements at
the listening positions of this method results in increased
number of loudspeakers and the array effort used in the
computation. In this paper, we develop a sparsity based
framework that provides accurate 3-D multi-zone sound
field reproduction using a sparse spherical harmonics ex-
pansion framework. The sparse framework provides an
optimal set of minimally distributed loudspeaker positions
sufficient enough to span all the directions of interest. In
this work, multi-zone sound field reproduction is formu-
lated as a non-convex optimization problem that finds the
loudspeaker weights to accurately reproduce desired sound
field over the bright zones and minimizes the energy flow
in the dark zones. This multi objective problem is solved
using a sparse iterative method based on Bregman Itera-
tion. Sound field reconstruction error analysis along with
the objective and subjective evaluation experiments are
conducted to demonstrate the effectiveness of the proposed
reproduction method in creating personal sound zones.
1. INTRODUCTION
Sound field reproduction with loudspeaker arrays to pro-
vide a private listening experience at multiple zones with-
out inter-zone interference in an enclosed environment is
referred as Personal Audio. At various places, such as ex-
hibition centres, private vehicles, music stores and shared
offices, the personalized sound zones are now becom-
ing popular over the traditional headphone based listen-
ing [1]. In recent years, the increasing demand of per-
sonalized sound zones led to an extensive research in the
area of multi-zone soundfield reproduction. Initially, the
approaches [2] - [3], were based on the acoustic contrast
control (ACC) where idea was to manipulate the energy
flow by maximizing the sound level difference in the bright
and the dark zones. In [4], authors were able to real-
ize 19dB and 15dB of acoustic contrast under ideal and
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real conditions in a car environment. To further improve
the robustness and enhance the spatial quality of the re-
produced sound field, a modified ACC is proposed in [5]-
[6]. Later in [7] - [9], the multi-zone methods rely on the
pressure matching (PM) with aim to minimize the average
error between the reproduced and desired sound fields at
the target zones. In [7], the error minimization problem is
based on least-squares (LS) approach to find the optimal
loudspeaker gains. A modified LS with energy constraints
and Tikhonov-regularization are also proposed in [8]- [9].
Further, a combination of ACC and PM approach can be
found in [10] - [11]. Lastly, the mode matching methods
in cylindrical and spherical harmonics domain to create
personal sound zones are explored in [12]- [13]. In these
approaches, for accurate sound field reproduction, the re-
quired active number of loudspeakers is large for a larger
region of reproduction. This result in the requirement of a
dense loudspeaker grid and increased array effort putting
a limit on practical implementations. Thus, it is required
that the methods used for multi-zone reproduction must be
capable of providing the desired sound fields using an op-
timal set of loudspeakers having reduced array size.
In this paper, a multi-zone reproduction problem in
spherical harmonics domain with sparsity constraint is pro-
posed for accurate sound field reproduction. The method
obtains an optimal set of minimally distributed loud-
speaker positions from a set of all possible loudspeaker
positions sufficient to reproduce the desired sound fields.
This optimal set of loudspeakers has advantage in terms
of reduced reproduction error when compared to the set
of loudspeakers having the same array size that are cho-
sen randomly. Similar to [14], the multi-zone reproduction
is addressed as a problem of finding the global soundfield
coefficient corresponding to the target pressures defined by
local spherical harmonic coefficient for each zone. Later,
the loudspeaker weights are obtained by solving a non-
convex optimization problem with additional constraint to
control the array effort required to drive the loudspeakers.
The solution of the proposed method is based on the Breg-
man Iteration [15].
The rest of paper is organised as follows: In Section-
II, system model for multi-zone soundfield reproduction is
discussed. Problem formulation and sparsity based frame-
work is presented in Section-III. Later in Section-IV, the
proposed method is evaluated objectively and subjectively
followed by the conclusion and future work in Section-V.
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2. MULTIZONE SOUND FIELD REPRODUCTION
VIA SPHERICAL HARMONIC EXPANSION
Consider a multi-zone environment with Q nonoverlap-
ping spherical zones of radius Rq located at the local ori-
gin Oq with polar coordinates (rq,Θq) measured from the
global originO. Let, the zones are enclosed within a global
spherical region of soundfield reproduction having radius
Rg such that Rg ≥ (Rq + rq),∀q. An array of L loud-
speakers is assumed to be placed on a sphere of radius
Rl, where Rl > Rg , with each loudspeaker emitting a
normalised plane wave having frequency f in a direction
Θl , (θl, φl), where θ and φ are spherical elevation and
azimuth angles, respectively.
The reproduced sound field at ıth point rıq = (r
ı
q,Θ
ı
q)
on the surface of qth zone can be expressed as
p(k, rıq) =
∞∑
n=0
n∑
m=−n
Xn(kr
ı
q)
L∑
l=1
pnm(k,Θl)Y
m
n (Θ
ı
q)
(1)
where Xn(kriq) = 4pi(−i)kHn(kRl)Jn(krıq) and
pnm(k,Θl) = a(k,Θl)[Y
m
n (Θl)]
∗ with Jn(.) and Hn(.)
being the nth order Bessel function of first kind and Han-
kel function of second kind, respectively. The spherical
harmonics function, Y mn (Θ), is given by
Y mn (Θ) =
1
2
√
(2n+ 1)(n−m)!
pi(n+m)!
Pmn (cos θ)e
imφ (2)
where, Pmn (.) is the legendre polynomial of order n and
degree m. As per Theorem-2 mentioned in [16], for an
accurate soundfield reproduction, within the considered
global spherical region, it is required to truncate the or-
der n in equation (1) to Ng = dkRge. In matrix form, we
can re-write equation (1) as
p(k, rıq) = x(k, r
ı
q)D(ΘL)a(k,ΘL) (3)
where, x(k, rıq) is a vector of size 1 × (Ng + 1)2 and
D(ΘL) is a matrix of size Ng + 1)2 × L defined as
x(k, rıq) =
[
X0(kr
ı
q)y0(Θ
ı
q) · · · XNg (krıq)yNg (Θıq)
]
D(ΘL) =
[
y∗(Θ1) y∗(Θ2) · · · y∗(ΘL)
]
y(Θl) =
[
y0(Θl) y1(Θl) · · · yNg (Θl)
]T
yn(Θ) =
[
Y −nn (Θ) · · · Y nn (Θ)
]
, ∀n = 0, . . . , Ng
Also, a(k,ΘL) ∈ CL×1 is the vector containing loud-
speaker weights given by
a(k,ΘL) =
[
ak(Θ1) ak(Θ2) · · · ak(ΘL)
]T
(4)
Now, the reproduced soundfield on the surface of qth zone,
having Iq sample points over the sphere, pq(k) ∈ CIq×1 is
expressed as
pq(k) = Xq(k)D(ΘL)a(k,ΘL)
=
[
pq(k, r
1
q) pq(k, r
2
q) · · · pq(k, rIqq )
]T
(5)
where, the matrix Xq(k) =
[
x(k, r1q) · · · x(k, rIqq )
]T
.
Now, the objective here is to find these loudspeaker
gains, a(k,ΘL) to reproduce the target sound field in the
zone of interest and simultaneously reduce the active num-
ber of loudspeakers. The problem formulation and the
sparsity framework developed to achieve the above objec-
tives are discussed in following section.
3. TARGET SOUND FIELD REPRODUCTION VIA
SPARSE SPHERICAL HARMONIC EXPANSION
Here, the target sound field model in spherical harmonic
domain is discussed first. Later, the problem of multi-zone
soundfield reproduction via sparse spherical harmonic ex-
pansion is formulated.
3.1 Modelling of Target Sound Fields
In this multi-zone environment, the target sound fields are
defined by considering each spherical zone, either a bright
zone or a dark zone, separately in terms of spherical har-
monics determined with respect to the local origins, Oq .
For a bright zone, say qth zone, we consider a nor-
malised plane wave of frequency f(k = 2pifc ) from di-
rection Ψq to be reproduced at Iq sample points over the
sphere. Now, the target pressure at the ıth point on qth
zone is given as [17]
ptq(k, r
ı
q) =
∞∑
n=0
n∑
m=−n
4piinJn(krıq)[Y mn (Ψq)]∗Y mn (Θıq)
(6)
Since Y mn (Θ) are defined with respect to Oq , the order in
equation (6) is truncated to Nq = dkRqe. Now, the target
pressures ptq(k) ∈ CIq×1 for qth zone, in matrix form, are
given as
ptq(k) =
[
ptq(k, r
1
q) p
t
q(k, r
2
q) · · · ptq(k, rIqq )
]T
(7)
Considering the dark zones to be complete silent region,
the target pressures ptq(k, r
ı
q) at Iq sample points for q
th
zone can be assumed to be zero. Depending on whether
qth zone is considered as bright or dark, ptq(k) will have
pressures as defined in (6) or a zero vector.
3.2 Problem Formulation
The multi-zone reproduction problem is formulated by
minimizing the reproduction error and finding the corre-
sponding loudspeaker gains. Thus, the optimization prob-
lem can be formed using equation (5) and (7) as
a∗ = min
a(k,ΘL)
1
2
∑Q
q=1 ‖pq(k)− ptq(k)‖22
s.t. pq(k) = Xq(k)D(ΘL)a(k,ΘL),∀q
aT (k,ΘL)a(k,ΘL) ≤ β (8)
where, the second constraint on a(k,ΘL) ensures that ar-
ray effort is maintained below its maximum value β. Ap-
parently when L is large, the weight vector a(k,ΘL) will
be sparse corresponding to lesser number of active loud-
speakers. As a result, D(ΘL) containing the spatial infor-
mation will also become sparse in spatial domain.
Dagar, HegdeEAA Spatial Audio Sig. Proc. Symp., Paris, Sept. 6-7, 2019
doi:10.25836/sasp.2019.13168
Considering an overcomplete dictionary ma-
trix containing spherical harmonic functions,
S(Θτ ) ∈ C(Ng+1)2×τ and a sparse matrix, R ∈ Rτ×L
with
[
R
]
ij
∈ {0, 1}, we can write
D(ΘL) = S(Θτ )R (9)
where, DT (ΘL)D(ΘL) = I as spherical harmonics func-
tions forms the matrix D(ΘL). Thus, the expression in (9)
is valid only when the orthonomality constraint, RTR =
I, is satisfied. It ensures the selection of only 1 loudspeaker
for each direction. For the sake of simplicity, dropping the
dependence on k and Θ, the optimization problem in (8)
can be re-written and expressed as
arg min
a,R
1
2
Q∑
q=1
‖ptq −XqDa‖22 + λ‖R‖1
s.t. D = SR, RTR = I, aTa ≤ β (10)
The above problem is non-convex in nature and can be
solved by a splitting method based on Bregman iteration
mentioned in [15]. The sparse iterative method proposed
for this multi-zone scenario is discussed next.
3.2.1 Solution using Bregman Iteration
The steps of the iterative solution based on Bregman
method [18] for the non-convex problem are given as
1. (Dη,Rη) = arg min
D,R
1
2
Q∑
q=1
‖ptq −XqDaη−1‖22
+ λ‖R‖1 + α
2
‖R−Φη−1 + Ωη−1‖2F
s.t. D = SR
2. Φη = arg min
Φ
α
2
‖Φ− (Rη + Ωη−1)‖2F (11)
s.t. ΦTΦ = I
3. Ωη = Ωη−1 + Rη −Φη
4. aη = a∗(Dη)
The sub-optimization problem in (11) is strictly convex
with a closed form solution, as proposed in [15], given by
Φηopt = UVΣ
−1/2VT (12)
where U = Rη + Ωη−1 and Σ is a diagonal matrix ob-
tained by the SVD factorization, UTU = VΣVT . Simi-
lar to [18], the additional linear constraint required to pre-
serve the structure of first row of matrix D is given by
−1T  ≤ (DTe− 1TY 00 ) ≤ 1T  (13)
Thus, the optimization problem in step-1 is re-framed as
(Dη,Rη) = arg min
D,R
1
2
Q∑
q=1
‖ptq −XqDaη−1‖22
+ λ‖R‖1 + α
2
‖R−Φη−1 + Ωη−1‖2F
s.t. D = SR, −1T  ≤ (DTe− 1TY 00 ) ≤ 1T  (14)
Algorithm 1 Algorithm for reproducing the sound fields
using the multi-zone sparse iterative method
1: Select the location Oq and radius rq of each zone.
2: Obtain the target pressures ptq as defined in (6)
3: Create an overcomplete dictionary S for different Θ
by considering appropriate resolution of θ and φ
4: Initialize a0 and choose the appropriate values of pa-
rameter α, β, λ and 
5: Initialize matrix Φ0 with random values from normal
distribution and set Ω0 to a zero matrix.
6: for η = 1 to ittr do
7: Find Rη by solving the optimization problem (14)
8: Assign U = Rη + Ωη−1
9: Compute the SVD form UTU = VΣVT
10: Update Φη = UVΣ−1/2VT
11: Update Ωη = Ωη−1 + Rη −Φη
12: Update Dη = SRη
13: Solve problem defined in (8) and obtain a∗(Dη)
14: Update the loudspeaker weights aη = a∗(Dη)
15: end for
16: Obtain the loudspeaker location from the dictionary S.
17: Generate the loudspeaker feeds using the obtained
loudspeaker weights.
where, e = [1, 0, · · · , 0]T is a vector of size (Ng+1)2×1.
Now, the loudspeaker feeds are computed iteratively and
the final optimal weights are obtained when the conver-
gence is achieved. The convergence here is the lowest re-
quired number of active loudspeakers. The steps involved
in sparse iterative method are listed in Algorithm-1.
4. PERFORMANCE EVALUATION
The experimental setup considered to evaluate the per-
formance of the proposed methodology is first described
herein. Later, the analysis of the reconstructed sound fields
on the basis of reproduction error along with the objective
and subject evaluations are discussed.
4.1 Experimental Conditions
The problem of multi-zone reproduction is evaluated in a
simulated environment considering Q = 4 spherical zones
of reproduction each of radius Rq = 0.1m, ∀q. The cor-
responding local origins Oq are placed at the coordinates
(rq,Θq) = (0.875m, 90
o, {±149o,±31o}), as shown in
Fig. 1(a). A total of 512 loudspeakers are placed over a
Figure 1: Figure illustrating (a) the experimental setup
with loudspeaker arrangement and zone positions (b) con-
sidered microphone positions in each zone.
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Figure 2: Figure illustrating the target sound fields in both bright zones along with the reproduced normalized sound fields
using CLS and MZ-SI methods in different zones for f = 2000Hz.
Figure 3: Figure illustrating the reproduced sound fields
on a horizontal plane (z = 0) for f = 2000Hz.
sphere of radius Rl = 2m following an icosahedron pat-
tern. Similarily, 64 microphones are considered in each
zone of reproduction as shown in Fig. 1(b). The personal
zone problem is addressed for the scenario where 2 bright
zones with two different angle of arrival of plane wave,
Ψ1 = (150
o, 0o) and Ψ2 = (45o,−45o), are considered.
The proposed method is analysed for broadband frequency
range from 500Hz−3.5KHz. In Algorithm-1, the sparsity
parameter λ and the error parameter  are set equal to 1
and 10−2, respectively. Finally, to put an upper limit on
the array effort, β is maintained equal to 1.
4.2 Analysis of Reconstructed Sound Fields
The sound fields in each bright zone are reconstructed by
obtaining the loudspeaker feeds, a(k,ΘL), corresponding
to proposed multi-zone sparse iterative (MZ-SI) method
and the constraint least-squares (CLS) problem defined in
equation (8). For this multi-band scenario, MZ-SI meth-
ods significantly reduces the total active number of loud-
speakers from 512 to 181. Therefore, for fare comparison,
200 loudspeakers rearranged in an icosahedron pattern are
considered for CLS method. In Fig. 2, the reconstructed
sound fields obtained using these methods over the surface
of both the bright and the dark zones for f = 2.0KHz
are illustrated. It can be seen that both the methods suc-
cessfully reproduce the target sound fields in both bright
zones. But MZ-SI method has advantage over CLS ap-
proach by reproducing more sparse sound fileds in both the
dark zones. For clear visibility of acoustic contrast (AC),
the reproduced sound field over a horizontal plane placed
at z = 0m is presented in Fig. 3.
Under the considered methods, the obtained active
loudspeaker positions and their corresponding weights are
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Figure 4: Figure illustrating the active and inactive loud-
speaker positions along with their weights using CLS and
MZ-SI methods for f = 2000Hz.
shown in Fig. 4. For f = 2.0KHz, the active number of
loudspeakers using CLS and MZ-SI methods are 185 and
64, respectively. It is interesting to note that the number
of active loudspeakers and their positions changes with the
change in frequencies. Therefore, it is required to consider
a common set of loudspeakers that minimizes the repro-
duction error across different frequency. Now, the optimal
set of minimally distributed loudspeaker is given as
L∗opt =
⋃
k∈K
Lactive(k) =
⋃
k∈K
f (a(k)) (15)
where, f (a(k)) = {l | al(k) 6= 0, ∀l ∈ {1 . . . L}} and K
is a set of wave numbers k obtained for multiple f .
The accuracy of reproduction in each zone is deter-
mined by the root mean square error (RMSE) given by
RMSEq(k) =
√√√√ 1
Iq
Iq∑
ı=1
|ptq(k, rıq)− pq(k, rıq)|2 (16)
The overall RMSE is obtained by averaging individual
RMSE across all zones. Similarly, the overall acoustic con-
trast is defined as an average of acoustic contrast obtained
between each bright and each dark zone given by
AC(k) =
IBp
T
B(k)pB(k)
IDpTD(k)pD(k)
(17)
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Figure 5: Figure illustrating the variation of (a) Overall AC, (b) Overall RMSE with respect to λ for MZ-SI method and
the variation of (c) Individual AC, (d) Individual RMSE with respect to f for both CLS and MZ-SI methods with λ = 1.
Figure 6: Figure illustrating the average error distribution
obtained in both the bright zones for f = 2000Hz.
The variation of individual AC and individual RMSE
for both the methods are shown in Fig. 5(c) and 5(d), re-
spectively. From these figures, MZ-SI method shows im-
proved acoustic contrasts in mid-rage frequencies and re-
duced error in dark zones when compared to CLS method.
For higher frequencies, both methods shows similar perfor-
mance. The improved performance of MZ-SI is the result
of lower energy levels in DZ-2 and accurate reproduction
in BZ-2. Fig. 6 supports the proposed approach in terms
of average error distribution in both bright zones.
For the optimal choice of sparsity parameter λ, the vari-
ation of overall AC and overall RMSE is presented in Fig.
5(a) and 5(b). From the figures, it can be observed that for
lower values of λ, the AC and RMSE shows good results
while the performance degrades when too much of sparsity
is introduced. Therefore, it is required to choose a partic-
ular λ which can withstand with the required AC and keep
RMSE below a certain level.
4.3 Objective Evaluation
The reproduced multi-zone sound field is evaluated by
measuring the scores obtained for PEAQ, PSM, PSMt and
DI analysis mentioned in [19]- [20]. The reference sig-
nals are compared with the reconstructed signals in bright
zones by using CLS methods and proposed MZ-SI ap-
proach. The obtained objective scores for the given test
scenario are listed in Tab. 1. It can be observed that the
obtained overall difference grades are similar for BZ-1 and
better in BZ-2 when MZ-SI method is compared with CLS
method. Hence, the reconstructed soundfield using MZ-
SI can be considered perceptually better than soundfields
obtained using CLS method.
Zone Method PEAQ DI PSM PSMt
BZ-1
CLS -3.441 -2.188 0.8763 0.5734
MZ-SI -3.493 -2.255 0.8694 0.5690
BZ-2
CLS -3.578 -2.389 0.8367 0.5446
MZ-SI -3.363 -2.045 0.8830 0.5823
Table 1: Objective scores of reproduced multi-zone sound
field using CLS and MZ-SI methods.
Zones Methods
Naturalness Presence Preference
Source
Envelope
µ σ2 µ σ2 µ σ2 µ σ2
BZ-1
CLS 3.1 0.82 2.2 1.57 2.6 1.33 2.4 0.99
MZSI 3.0 0.83 2.3 0.98 3.1 1.09 2.4 0.90
BZ-2
CLS 2.9 0.78 2.3 1.21 2.9 0.93 2.4 1.10
MZSI 3.3 1.38 2.7 1.21 3.0 1.10 2.6 0.86
Table 2: Obtained MOS scores for both the bright zones
by evaluating 20 human subjects.
4.4 Subjective Evaluation
The proposed method is evaluated by obtaining of average
mean opinion scores (MOS) provided by 20 human subject
in consideration. Similar to [21], the subjects were asked
to rate the quality of reconstructed signal on a scale of 1 to
5 for different spatial attributes [22], given as
• Naturalness: Audio listening true to real life
• Presence: Feel of presence in an environment
• Preference: Amount of pleasantness or harshness
• Source Envelope: Sound being around a person
The obtained MOS scores for both the methods under con-
sideration are listed in Tab. 2. From the table, it can be
observed that the objective scores supports the effective-
ness of proposed MZ-SI method over CLS method.
5. CONCLUSION
In this paper, a framework for the multi-zone sound field
reproduction via sparse expansion of spherical harmonics
is presented. A sparse iterative method based on Bregman
iteration to reproduce the target sound fields in multiple the
bright zones is proposed herein. The proposed method pro-
vides a significant reduction in the active number of loud-
speaker with improved acoustic contrast. The accuracy of
the reproduced sound field is analysed by obtaining the av-
erage error distribution in the zones of interest. The objec-
tive and subjective evaluations also support the effective-
ness of the proposed method. In future, the present work
can be modified and extended to the reverberant environ-
ment. Also, an effort can be made to improve the com-
putational complexity of the proposed sparse framework.
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